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(57) ABSTRACT 
A system and method of adapting a FIR filter with a mixed 
minimum-mean-square-error/Zero-forcing adaptation is dis 
closed. A channel response module attempts to approximate a 
noiseless component of the channel response. The output of 
the channel response module is utilized to adapt a FIR filter 
module. In some embodiments, a combination of the output 
of the channel module and the noiseless channel output is 
utilized to adapt the FIR filter. In some embodiments, a sec 
ond FIR filter module is utilized to process the noiseless 
channel output, which is then compared to the target response 
to generate an error signal, which may be used to adapt both 
the first and second FIR filter modules. 
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1. 

MIXED MINIMUM MEAN SQUARE 
ERROR/ZERO-FORCING FR FILTER 

ADAPTATION 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

This application claims the benefit of U.S. Provisional 
Application No. 60/955,952 filed on Aug. 15, 2007. The 
disclosure of the above application is incorporated herein by 
reference in its entirety. 

FIELD 

The disclosure relates to equalizer adaptation systems and 
methods, and more particularly to a combination mixed mean 
square error (MMSE)/zero-forcing (ZF) equalizer adaptation 
system and method. 

BACKGROUND 

The background description provided herein is for the pur 
pose of generally presenting the context of the disclosure. 
Work of the presently named inventors, to the extent the work 
is described in this background section, as well as aspects of 
the description that may not otherwise qualify as prior art at 
the time offiling, are neither expressly nor impliedly admitted 
as prior art against the present disclosure. 

Finite impulse response (FIR) filters are used to shape and 
filter an input signal to obtain an output signal with desired 
characteristics. For example only, FIR filters may be used in 
Ethernet transceivers, read circuits for disk drives, ghost can 
cellation in broadcast and cable TV transmission, channel 
equalization for communication in magnetic recording, echo 
cancellation, estimation/prediction for speech processing, 
adaptive noise cancellation, etc. 

Typically, an FIR filter includes multiple stages each 
including an input, a multiplier that multiples an input signal 
by a coefficient and a Summer for Summing the multiplication 
result with the output from an adjacent stage. The coefficients 
are selected to achieve the filtering and output characteristics 
desired in the output signal. These coefficients (or filter tap 
weights) are often variable, and can be determined from, e.g., 
a minimum mean squared error (MMSE) or least mean square 
(LMS) algorithm based on gradient optimization. FIR filters 
with coefficients that are variable are often called adaptive 
FIR filters. The input signal is a discrete time sequence that 
may be analog or digital. The output is also a discrete time 
sequence that is the convolution of the input sequence and the 
filter impulse response, as determined by the coefficients. 

Virtually any linear system response can be modeled as an 
FIR response, as long as Sufficient stages are provided. 
Because of this feature and relatively high stability, FIR filters 
have found widespread popularity and are used extensively. 

Referring to FIG. 1, an adaptive FIR filter arrangement 10, 
which is commonly referred to as a least mean square (LMS) 
adaptation, is illustrated. An input 4 to channel module 5 may 
comprise a digital bit stream, although analog signals could 
also be utilized. Channel module 5 operates on input 4 and 
outputs a sample 11, which is then input to adaptive FIR filter 
module 12. This input 11 to adaptive FIR filter module 12 
may be represented by the variable r. or r(k), which can be 
governed by the equation: 

r=C(a), (1) 
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2 
where r equals the output 11 of channel module 5 at timek, 
a is input 4 to channel module 5 at time k, and C(X) is the 
response of channel module 5 based on input X. 

Adaptive FIR filter module 12 receives r input 11 and 
outputs FIR sample 13, which can be represented by the 
variable Y. The output 13 can be governed by the equation: 

(2) 

where Y(k) equals output 13 of FIR filter module 12 at timek, 
r is input 11 to FIR filter module 12 at timek, and F(x) is the 
response of FIR filter module 12 based on input X. The output 
13 of FIR filter module 12 is received at detector module 14. 
The output 15 of detector module 14 reconstructs the binary 
bit stream 4 that is input to channel module 5. Under ideal 
conditions, the output 15 of detector module 14 is equal to 
input 4 of channel module 5. 

Adaptive FIR filter module 12, in conjunction with detec 
tor module 14, reconstructs the binary bit stream 4 from the 
output 11 of channel module 5. This is accomplished by 
transforming the output 11 of channel module 5 into the input 
4 as closely as possible. In practice, however, the impulse 
response of channel module 5 is unknown and may be some 
what unpredictable. This unpredictability is partially related 
to inter-symbol interference or noise that may be present in 
the channel module 5. Furthermore, cost or design consider 
ations may dictate the use of low order filters or detectors of 
relatively low complexity Such that an exact duplication of 
input 4 from output 11 may be impractical or impossible. 
Nonetheless, adaptive FIR filter module 12 is arranged in 
adaptive filter arrangement 10 such that a measurement of the 
error is minimized. 

In the LMS adaptation of FIG. 1, output 15 of detector 
module 14 is input to a target response module 16. Target 
response module 16 comprises an impulse response that is 
designed to be the target response desired from FIR filter 
module 12. The output 17 of target response module 16 may 
be governed by: 

where Y'(k) equals output 17 of target response module 16 at 
timek, a' is the output of detector module 14 at time k, and 
T(x) is the impulse response of target response module 16 
based on input X. 

FIR filter arrangement 10 is arranged such that the error 
between output 13 of FIR filter module 12 and output 17 of 
target response module 16 is minimized. This is accom 
plished by subtracting the output 13 of FIR filter module 12 
from the output 17 of target response module 16 with adder 18 
to generate error signal 19, which will be referred to as e, or 
e(k), which is the difference between output 13 and output 17 
at time k. The error signal e(k) 19 is received at signum 
function module 20, which is governed by the equation: 

(4) 1 if x > 0 

- 1 if x < 0 

The output 21 of signum function module 20 is then multi 
plied by r signal 11 to obtain FIR adaptation input 23. 

Adaptive FIR filter module 12 utilizes input 23 to update its 
coefficients with equation: 
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where f(x) equals thei" coefficient of FIR filter module 12 at 
time X, 

1 if x > 0 sgn(x) = { }. 

e(k) equals Y'(k)-Y(k), as described above, r(x) equals the 
output 11 of channel module 5 at time X, and L is a constant, 
which is sometimes referred to as the adaptive step size. This 
arrangement 10 is sometimes referred to as a sign-error LMS 
algorithm. Alternatively, the signum function module 20 may 
be eliminated and the FIR filter module 12 may be adapted 
based on the equation: 

where all of the variables are the same as above. 
Referring now to FIG. 2, a FIR filter arrangement 30, often 

referred to as a zero-forcing (ZF) adaptation, is illustrated. In 
this example, channel module 25 receives binary bit stream 
input 24 and outputs ADC sample 31. Detector module 34 
receives the output 33 of FIR filter module 32 and outputs a 
reconstructed bit stream 35, which, under ideal conditions, 
equals input stream 24. The adaptation input 43 to adaptive 
FIR filter module 32 comprises the output of multiplier 42, 
i.e., the product of the output 37 of target response module 36 
and the output 41 of the signum function module 40 that 
receives as its input error signal 39, which is the difference 
between output 37 of target response module 36 and output 33 
of FIR filter module32. Adaptive FIR filter module 32 utilizes 
adaptation input 43 with the following equation: 

(6) 

In each of the above adaptations, poor performance of FIR 
filter module 12 occurs under certain conditions. For 
example, the ZF adaptation may perform better than the LMS 
adaptation at low signal to noise ratios for inputs to the sys 
tem. Unfortunately, however, this ZF adaptation may exhibit 
poor performance, including the failure to converge, under 
different operating conditions. 

SUMMARY 

In some embodiments of the present disclosure, a system 
for adapting an equalizer is disclosed. The system comprises: 
a channel module that receives input data and outputs a chan 
nel output comprising a noiseless component and a noise 
component; a filter module that filters the channel output to 
obtain a filter sample; a detector module that processes the 
filter sample to estimate the input data; a target response 
module that processes the estimated input data to obtain a 
target response output that comprises a desired response of 
the filter module; and a channel response module that pro 
cesses the estimated input data to obtain a noiseless channel 
output that comprises an approximation of the noiseless com 
ponent of the channel output, wherein the filter module is 
adapted based on the channel output, the filter sample, the 
target response output and the noiseless channel output. 

In some embodiments, the filter module is adapted based 
on an error signal comprising a difference between the filter 
sample and the target response output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the channel output. 
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4 
In some embodiments, the filter module is adapted based 

on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and a combination of the 
channel output and the noiseless channel output. 

In some embodiments, the combination comprises an aver 
age of the channel output and the noiseless channel output. In 
Some embodiments, the average is determined by the equa 
tion: 

where r(k) comprises the average of the channel output and 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

In some embodiments, the filter module is adapted such 
that the error signal is minimized. 

In some embodiments, the filter module is adapted based 
on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter module at timek, e(k) comprises the error signal 
at time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 

In some embodiments, the noiseless channel output is 
based on the equation: 

"-(a-. . . . a-n) previous(a - . . . a kin)+Y(r. 
r 'previous(i-n . . . a -n)), 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, relia,(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a system for adapting an equalizer 
is disclosed, comprising: a channel module that receives input 
data and outputs a channel output comprising a noiseless 
component and a noise component; a first filter module that 
filters the channel output to obtain a first filter sample; a 
detector module that processes the filter sample to estimate 
the input data; a target response module that processes the 
estimated input data to obtain a target response output that 
comprises a desired response of the first filter module; a 
channel response module that processes the estimated input 
data to obtain a noiseless channel output that comprises an 
approximation of the noiseless component of the channel 
output; and a second filter module that filters the noiseless 
channel output to obtain a second filter sample; wherein the 
first and second filter modules are adapted based on the chan 
nel output, the first filter sample, the second filter sample, the 
target response output and the noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a first error signal comprising a first 
difference between the first filter sample and the target 
response output 

In some embodiments, the first and second filter modules 
are adapted based on a first product of the first error signal and 
the channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a second error signal comprising a 
second difference between the second filter sample and the 
target response output. 
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In some embodiments, the first and second filter modules 
are adapted based on a second product of the second error 
signal and the noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a combination of the first product and 
the second product. 

In some embodiments, the combination comprises an aver 
age of the first product and the second product. 

In some embodiments, the average is determined by the 
equation: 

where A(k) comprises the average of the first and second 
products at timek, A'(k) comprises the first product at timek, 
A(k) comprises the second product at timek, and comprises 
a constant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted based on the equation: 

where i comprises an integer, f(k) comprises ani" coefficient 
of the first and second filter modules at timek, e(k) comprises 
the first error signal at time k, e"(k) comprises the second 
error signal at time k, LL comprises a constant, r(k-i) com 
prises the channel output at time k-i, r(k-i) comprises the 
noiseless channel output at time k-i, and W comprises a con 
stant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted Such that the first error signal is minimized. 

In some embodiments, the noiseless channel output is 
based on the equation: 

drin) revious (-, . . . drin)“Y(i. 
a kim)), 

r" (a . . . 
rprevious(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r" (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, reas (a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a method for adapting an equalizer 
is disclosed, comprising: processing input data to obtain a 
channel output comprising a noiseless component and a noise 
component; filtering the channel output with a filter module 
to obtain a filter sample; processing the filter sample to esti 
mate the input data; processing the estimated input data to 
obtain a target response output that comprises a desired 
response of the filter module; processing the estimated input 
data to obtain a noiseless channel output that comprises an 
approximation of the noiseless component of the channel 
output; and adapting the filter module based on the channel 
output, the filter sample, the target response output and the 
noiseless channel output. 

In some embodiments, the filter module is adapted based 
on an error signal comprising a difference between the filter 
sample and the target response output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the channel output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and a combination of the 
channel output and the noiseless channel output. 
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6 
In some embodiments, the combination comprises an aver 

age of the channel output and the noiseless channel output. 
In some embodiments, the average is determined by the 

equation: 

where r(k) comprises the average of the channel output and 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

In some embodiments, the filter module is adapted such 
that the error signal is minimized. 

In some embodiments, the filter module is adapted based 
on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter module at timek, e(k) comprises the error signal 
at time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 

In some embodiments, the noiseless channel output is 
based on the equation: 

km) previous(- - - - -n)+Y( - 
a kim)), 

r' (a . . . 
r previous(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, re.(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a method for adapting an equalizer 
is disclosed, comprising: processing input data to obtain a 
channel output comprising a noiseless component and a noise 
component; filtering the channel output with a first filter 
module to obtain a first filter sample; processing the filter 
sample to estimate the input data; processing the estimated 
input data to obtain a target response output that comprises a 
desired response of the first filter module; processing the 
estimated input data to obtain a noiseless channel output that 
comprises an approximation of the noiseless component of 
the channel output; filtering the noiseless channel output with 
a second filter module to obtain a second filter sample; and 
adapting the first and second filter modules based on the 
channel output, the first filter sample, the second filter sample, 
the target response output and the noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a first error signal comprising a first 
difference between the first filter sample and the target 
response output. 

In some embodiments, the first and second filter modules 
are adapted based on a first product of the first error signal and 
the channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a second error signal comprising a 
second difference between the second filter sample and the 
target response output. 

In some embodiments, the first and second filter modules 
are adapted based on a second product of the second error 
signal and the noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a combination of the first product and 
the second product. 
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In some embodiments, the combination comprises an aver 
age of the first product and the second product. 

In some embodiments, the average is determined by the 
equation: 

where A(k) comprises the average of the first and second 
products at timek, A'(k) comprises the first product at timek, 
A(k) comprises the second product at timek, and comprises 
a constant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted based on the equation: 

where i comprises an integer, f(k) comprises ani" coefficient 
of the first and second filter modules at timek, e(k) comprises 
the first error signal at time k, e"(k) comprises the second 
error signal at time k, LL comprises a constant, r(k-i) com 
prises the channel output at time k-i, r(k-i) comprises the 
noiseless channel output at time k-i, and W comprises a con 
stant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted Such that the first error signal is minimized. 

In some embodiments, the noiseless channel output is 
based on the equation: 

aim)-r-revious (di-, . . . a kin)+Y(r. 
a kim)), rprevious(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, reas (a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a computer program stored on a 
computer readable medium and executed by a processor for 
adapting an equalizer is disclosed, comprising: processing 
input data to obtain a channel output comprising a noiseless 
component and a noise component; filtering the channel out 
put with a filter module to obtain a filter sample; processing 
the filter sample to estimate the input data; processing the 
estimated input data to obtain a target response output that 
comprises a desired response of the filter module; processing 
the estimated input data to obtain a noiseless channel output 
that comprises an approximation of the noiseless component 
of the channel output; and adapting the filter module based on 
the channel output, the filter sample, the target response out 
put and the noiseless channel output 

In some embodiments, the filter module is adapted based 
on an error signal comprising a difference between the filter 
sample and the target response output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the channel output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and the noiseless channel 
output. 

In some embodiments, the filter module is adapted based 
on a product of the error signal and a combination of the 
channel output and the noiseless channel output. 

In some embodiments, the combination comprises an aver 
age of the channel output and the noiseless channel output. 
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8 
In some embodiments, the average is determined by the 

equation: 

where r(k)comprises the average of the channel output and 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

In some embodiments, the filter module is adapted such 
that the error signal is minimized. 

In some embodiments, the filter module is adapted based 
on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter module at timek, e(k) comprises the error signal 
at time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 

In some embodiments, the noiseless channel output is 
based on the equation: 

aim)-r-revious (a - . . . a kin)+Y(r. 
a kim)), r previous(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, re.(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . . a.) 
immediately preceding timek, r. comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a computer program stored on a 
computer readable medium and executed by a processor for 
adapting an equalizer is disclosed, comprising: processing 
input data to obtain a channel output comprising a noiseless 
component and a noise component; filtering the channel out 
put with a first filter module to obtain a first filter sample: 
processing the filter sample to estimate the input data; pro 
cessing the estimated input data to obtain a target response 
output that comprises a desired response of the first filter 
module; processing the estimated input data to obtain a noise 
less channel output that comprises an approximation of the 
noiseless component of the channel output; filtering the 
noiseless channel output with a second filter module to obtain 
a second filter sample; and adapting the first and second filter 
modules based on the channel output, the first filter sample, 
the second filter sample, the target response output and the 
noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a first error signal comprising a first 
difference between the first filter sample and the target 
response output. 

In some embodiments, the first and second filter modules 
are adapted based on a first product of the first error signal and 
the channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a second error signal comprising a 
second difference between the second filter sample and the 
target response output. 

In some embodiments, the first and second filter modules 
are adapted based on a second product of the second error 
signal and the noiseless channel output. 

In some embodiments, the first and second filter modules 
are adapted based on a combination of the first product and 
the second product. 
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In some embodiments, the combination comprises an aver 
age of the first product and the second product. 

In some embodiments, the average is determined by the 
equation: 

where A(k) comprises the average of the first and second 
products at timek, A'(k) comprises the first product at timek, 
A(k) comprises the second product at timek, and comprises 
a constant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted based on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the first and second filter modules at timek, e(k) comprises 
the first error signal at time k, e"(k) comprises the second 
error signal at time k, LL comprises a constant, r(k-i) com 
prises the channel output at time k-i, r(k-i) comprises the 
noiseless channel output at time k-i, and W comprises a con 
stant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter modules 
are adapted Such that the first error signal is minimized. 

In some embodiments, the noiseless channel output is 
based on the equation: 

aim)-r-revious (a - . . . a kin)+Y(r. rhd k(a... 
a kim)), rprevious(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r" (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, re.(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a system for adapting an equalizer 
is disclosed, comprising: channel means for receiving input 
data and outputs a channel output comprising a noiseless 
component and a noise component; filter means for filtering 
the channel output to obtain a filter sample; detector means 
for processing the filter sample to estimate the input data; 
target response means for processing the estimated input data 
to obtain a target response output that comprises a desired 
response of the filter means; and channel response means for 
processing the estimated input data to obtain a noiseless chan 
nel output that comprises an approximation of the noiseless 
component of the channel output, wherein the filter means is 
adapted based on the channel output, the filter sample, the 
target response output and the noiseless channel output. 

In Some embodiments, the filter means is adapted based on 
an error signal comprising a difference between the filter 
sample and the target response output. 

In Some embodiments, the filter means is adapted based on 
a product of the error signal and the noiseless channel output. 

In Some embodiments, the filter means is adapted based on 
a product of the error signal and the channel output. 

In Some embodiments, the filter means is adapted based on 
a product of the error signal and the noiseless channel output. 

In Some embodiments, the filter means is adapted based on 
a product of the error signal and a combination of the channel 
output and the noiseless channel output. 

In some embodiments, the combination comprises an aver 
age of the channel output and the noiseless channel output. 

In some embodiments, the average is determined by the 
equation: 
r(k) Wr'(k)+(1-)r(k), 
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10 
where r(k)comprises the average of the channel output and 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

In some embodiments, the filter means is adapted Such that 
the error signal is minimized. 

In some embodiments, the filter means is adapted based on 
the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter means at timek, e(k) comprises the error signal at 
time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 

In some embodiments, the noiseless channel output is 
based on the equation: 

rhd k(a... aim)-r-revious (a - . . . a-n)+Y(r. 
previous(i-n . . . ( -), 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, relia,(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, a system for adapting an equalizer 
is disclosed, comprising: channel means for receiving input 
data and outputs a channel output comprising a noiseless 
component and a noise component; first filter means for fil 
tering the channel output to obtain a first filter sample; detec 
tor means for processing the filter sample to estimate the input 
data; target response means for processing the estimated 
input data to obtain a target response output that comprises a 
desired response of the first filter means; channel response 
means for processing the estimated input data to obtain a 
noiseless channel output that comprises an approximation of 
the noiseless component of the channel output, and second 
filter means for filtering the noiseless channel output to obtain 
a second filter sample; wherein the first and second filter 
means are adapted based on the channel output, the first filter 
sample, the second filter sample, the target response output 
and the noiseless channel output. 

In some embodiments, the first and second filter means are 
adapted based on a first error signal comprising a first differ 
ence between the first filter sample and the target response 
output. 

In some embodiments, the first and second filter means are 
adapted based on a first product of the first error signal and the 
channel output. 

In some embodiments, the first and second filter means are 
adapted based on a second error signal comprising a second 
difference between the second filter sample and the target 
response output. 

In some embodiments, the first and second filter means are 
adapted based on a second product of the second error signal 
and the noiseless channel output. 

In some embodiments, the first and second filter means are 
adapted based on a combination of the first product and the 
second product. 

In some embodiments, the combination comprises an aver 
age of the first product and the second product. 

In some embodiments, the average is determined by the 
equation: 
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where A(k) comprises the average of the first and second 
products at timek, A'(k) comprises the first product at timek, 
A(k) comprises the second product at timek, and comprises 
a constant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter means are 
adapted based on the equation: 

where i comprises an integer, f(k) comprises ani" coefficient 
of the first and second filter means at timek, e(k) comprises 
the first error signal at time k, e"(k) comprises the second 
error signal at time k, LL comprises a constant, r(k-i) com 
prises the channel output at time k-i, r(k-i) comprises the 
noiseless channel output at time k-i, and W comprises a con 
stant having a value between 0 and 1, inclusive. 

In some embodiments, the first and second filter means are 
adapted Such that the first error signal is minimized. 

In some embodiments, the noiseless channel output is 
based on the equation: 

aim)-r-revious (di-, . . . a kin)+Y(r. 
a kim)), rprevious(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r" (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, reas (a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

In some embodiments, the systems and methods described 
above are implemented by a computer program executed by 
one or more processors. The computer program can reside on 
a computer readable medium such as but not limited to 
memory, nonvolatile data storage, and/or other suitable tan 
gible storage mediums. 

Further areas of applicability of the present disclosure will 
become apparent from the detailed description, the claims 
and the drawings. It should be understood that the detailed 
description and specific examples are intended for purposes 
of illustration only and are not intended to limit the scope of 
the disclosure. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The present disclosure will become more fully understood 
from the detailed description and the accompanying draw 
ings, wherein: 

FIG. 1 is a functional block diagram of a FIR filter arrange 
ment according to the prior art; 

FIG. 2 is a functional block diagram of another FIR filter 
arrangement according to the prior art; 

FIG.3 is a functional block diagram of a FIR filter arrange 
ment according to various embodiments of the present dis 
closure; 

FIG. 4 is a functional block diagram of a FIR filter arrange 
ment according to various embodiments of the present dis 
closure; 

FIG. 5 is a functional block diagram of a channel module 
according to some embodiments of the present disclosure; 

FIG. 6 is a functional block diagram of a channel response 
module according to Some embodiments of the present dis 
closure; 

FIG. 7 is a functional block diagram of a FIR filter arrange 
ment according to various embodiments of the present dis 
closure; and 

FIG. 8 is a functional block diagram of a FIR filter arrange 
ment according to various embodiments of the present dis 
closure. 
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12 
DETAILED DESCRIPTION 

The following description is merely exemplary in nature 
and is in no way intended to limit the disclosure, its applica 
tion, or uses. For purposes of clarity, the same reference 
numbers will be used in the drawings to identify similar 
elements. As used herein, the phrase at least one of A, B, and 
C should be construed to mean a logical (A or B or C), using 
a non-exclusive logical or. It should be understood that steps 
within a method may be executed in different order without 
altering the principles of the present disclosure. 
As used herein, the term module refers to an Application 

Specific Integrated Circuit (ASIC), an electronic circuit, a 
processor (shared, dedicated, or group) and memory that 
execute one or more software or firmware programs, and/or a 
combinational logic circuit. 

Referring now to FIG. 3, a FIR filter arrangement 100 is 
illustrated. A binary bit stream input 101 (as or a(k)) is 
received by channel module 102, which outputs an analog 
to-digital converter (ADC) sample 103 output (r. or r(k)). 
ADC sample 103 is input into FIR filter module 104, which 
outputs a FIR sample 105, which will be referred to as signal 
Y or Y(k). FIR sample 105 is received by detector module 
106, which outputs a binary bit stream a' ora'(k) online 107. 
As is the case with the LMS adaptation discussed above in 

reference to FIG. 1, binary bit stream 107 is utilized by target 
response module 108 to form a reconstructed FIR sample 
109, which will be referred to as YorY'(k). Addition module 
110 outputs error signale or e(k), which is equal to Y'(k)-Y 
(k). Error signal 111 is utilized with multiplication module 
112, as discussed more fully below. 

In contrast to the prior art LMS adaptation discussed 
above, reconstructed binary bit stream 107 is further utilized 
by a channel response module 113. Channel response module 
113 reconstructs ther signal 103 to obtain value r or r(k) 
114, as will be discussed more fully below. This reconstructed 
ADC sampler will be used to further adapt FIR filter module 
104. In the exemplary embodiment of FIG.3, switching mod 
ule 115 controls the adaptation mode of FIR filter module 
104. When set in the ZF mode, FIR filter module 104 receives 
as its input 116 the product of error signal e(k) 111 and 
reconstructed ADC sample r. 114. Thus, FIR filter module 
104 will be adapted according to the following equation: 

where L is constant, r(k-i) is the reconstructed ADC sample 
114 at time (k-i) and all other variables are the same as above. 
In LMS mode, FIR filter module 104 receives as its input 116 
the product of r signal 103 and error signal e(k) 111. Thus, 
FIR filter module 104 is adapted according to the following 
equation: 

where r(k-i) equals the channel output r 103 at time (k-i) and 
all other variables are the same as above. The switching 
between the ZF and MMSE modes is accomplished by 
switching module 115. The switching module 115 may be set 
at the time of manufacture or, alternatively, may be adjustable 
by a user of the system in order to tune performance of filter 
arrangement 100. 

Referring now to FIG. 4, FIR filter arrangement 200 
according to various embodiments of the present disclosure is 
illustrated. FIR filter arrangement 200 is similar to FIR filter 
arrangement 100 illustrated in FIG.3, and the same reference 
numerals are used to reference common elements present in 
both arrangements 100, 200. One difference between FIR 
filter arrangement 100 and FIR filter arrangement 200 is that 
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the switching module 115 of arrangement 100 has been 
replaced with an averaging module 215 in arrangement 200. 
Averaging module 215 is configured to provide a mixed adap 
tation to FIR filter module 104. FIR filter module 104 will 
receive as its input 116 the product of the error signal e(k) 111 
and the output 216 of averaging module 215. The output of 
averaging module 215 may be governed by the following 
equation: 

where r(k) is the input 216 to multiplication module 112 at 
timek, r(k) equals output 103 of channel module 102 at time 
k, r(k) equals the output 114 of channel response module 113 
at time k, and w is a constant between Zero and one. The 
constant is chosen to properly set the mix between the LMS 
and ZF adaptations. In this manner, FIR filter module 104 will 
be adapted according to the following equation: 

If v equals zero, the output 216 of averaging module 215 is 
equivalent to r signal 103, which essentially equates to the 
LMS adaptation. If w equals one, the output 216 of averaging 
module 215 is equal to the reconstructed ADC sample r(k) 
signal 114 and the adaptation offilter module 104 receives as 
its input 116 the product of error signal 111 and r(k) signal 
114, which is essentially the ZF adaptation mode. If w is any 
value between Zero and one, output 216 of averaging module 
215 comprises a combination of the r(k) signal 103 and r(k) 
signal 114, thus providing a mix between the LMS and ZF 
adaptations to filter module 104. 

Referring now to FIG. 5, an illustrative representation of 
channel module 102 is shown. Channel module 102 com 
prises a noiseless channel module 102a and a noise module 
102b, which may comprise, for example, inter-symbol inter 
ference. The output 214 of noiseless channel module 102a is 
summed with the noise 217 output by noise module 102b by 
addition module 102c. The binary input 101 to channel mod 
ule 102 is received at noiseless channel module 102a. The 
output 214 of noiseless channel module 102a is referred to as 
the noiseless channel output. When the noiseless output sig 
nal 214 is mixed with the noise 217 from noise module 102b 
by module 102c, the output 103 is obtained. Practically 
speaking, of course, noiseless output signal 214 exists only in 
theory, as the noise component 217 of channel module 102 
cannot be separated as illustrated in FIG. 5. Nonetheless, 
noiseless output 214 would be beneficial to use in the adap 
tation of filter module 104. 

Referring now to FIG. 6, the function of channel response 
module 113 is to reconstruct the noiseless output of noiseless 
channel module 102a, signal 214, as closely as possible. It has 
been shown that the noiseless signal 214 would be well suited 
for use in a ZF adaptation of filter module 104. Since the 
actual noiseless signal 214 exists only in theory, however, 
channel response module 113 attempts to determine the 
noiseless output 214 of noiseless channel module 102a based 
on available inputs. 

To obtain a reconstructed version of noiseless signal 214. 
which will be referred to herein as ADC sample r(k) 114, 
channel response module 113 may utilize the binary bit 
stream 107 output from the detector module 106 and the ADC 
sample r(k) 103 that is output from channel module 102. It 
can be assumed that the noiseless output 214 of noiseless 
channel module 102a is a function of the binary bit stream 
101 input. Furthermore, the noiseless output 214 is predomi 
nantly impacted by a relatively small number of input bit 
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14 
values of signal 101 Succeeding and preceding the moment of 
time of interest. Thus, output 214 can be governed by the 
equation: 

"-g(di-, . . . a-n), (12) 

where requals noiseless output 214 at timek, a , equals the 
binary input value 101 at time k-n, a equals the binary 
input value 101 at time k+m, mand n are integers, and g(x) is 
an unknown function governing the response of noiseless 
channel module 102a based on input X. As stated above, in 
practice it is impossible to measure or obtain the noiseless 
output 214, attempts are made to reconstruct this approxima 
tion or reconstruction of the theoretical noiseless output 214, 
which is performed by channel response module 113 as fol 
lows. 

It can be assumed that the noise 217 present in channel 
module 102 is random and has a Zero mean, as would be the 
case in the event of perfectly random or white noise. Based on 
these assumptions, the average of output 103 of channel mod 
ule 102 for a given input 101 would effectively approximate 
the noiseless output 214 of noiseless channel module 102a. 
That is, the output 103 of channel module 102, which can be 
measured directly, is governed by the following equation: 

(13) 

where r equals output 103 of channel module 102, and the 
remaining variables are the same as above. 
One can determine the noiseless output 214 by averaging 

the measured r output 103 for binary input stream 101 over 
time. In practice, the number of binary input values on input 
101 used to obtain the reconstructed ADC sample r(k) 114 
may be limited to four or five. That is, the output 103 of 
channel module 102 at a time k is predominantly impacted by 
the four or five values of input 101 surrounding and including 
timek. Thus, channel response module 113 may take the form 
of a look-up table that is updated based on its inputs of ADC 
sample r(k) 103 and the output 107 of the detector module 
106. 

For each input value of a set of values of binary input 
stream 101 there is a stored r(k) value output 114 correspond 
ing thereto. For example, in the case where it is assumed that 
the noiseless output 214 of noiseless channel module 102a 
depends primarily upon four most recent input values of 
binary bit stream 101, there are sixteen (or, 2) stored r(k) 
values. Specifically, these sixteen values correspond to the 
data sets where (a . . . . a, )=(0000), (0001), (0010) . . . 
(1111). Channel response module 113 utilizes the recon 
structed binary bit stream output 107 of detector module 106 
to perform this function. One equation that may be used to 
govern the output of channel response module 113 is as 
follows: 

rig(a . . 

drin) rerevious (-, . . . km)+Y( - 
a kim)), (14) previous(i-n 

where r equals the updated r" output 114 corresponding to 
reconstructed bit stream data set (a . . . . a) input 107 at 
time k, re...(a . . . . a..) equals the previous value of 
stored routput 114 corresponding to reconstructed bit stream 
Value data set (a . . . . a.), r equals channel output 103 at 
timek, and Y is a constant that is chosen to control the updat 
ing step. Thus, channel response module 113 updates its 
output 114 for the data set of input values 107. In this manner, 
the output 114 of channel response module 113 will approxi 
mate the noiseless output 214 of noiseless channel module 
102a. 

Referring again to FIG. 6, an exemplary embodiment of 
channel response module 113 according to various embodi 
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ments of the present disclosure is illustrated. Channel 
response module 113 receives as its inputs both reconstructed 
binary bit stream 107 and ADC sample 103. The output 114 of 
channel response module 113 is determined by the following 
method. At a timek, channel response module 113 receives 
detector output 107, which can be referred to as a, and the 
output 103 of channel module 102, that may be referred to as 
r. Channel response module 113 stores a number of previous 
values of input 107. The number of stored samples is related 
to the memory of channel module 102, i.e., how much of an 
affect previous values of input 101 have on the output 103 of 
channel module 102. As stated above, it has been observed 
that four or five stored samples of input 107 may be sufficient 
to obtain adequate performance of channel response module 
113. 

FIG. 6 illustrates the example where four stored samples 
are used. The number of stored samples of input 107, which 
will be referred to as Z, dictate the number of r values that 
correspond to the input stream values 107. The number of the 
stored r values is equal to p, where p=2. In FIG. 6, Z=4 and, 
thus, p=16. For any moment in time, binary input 107 can 
comprise eithera Zero or one value. For each possible data set, 
a separate r", is stored and updated, where n is one of the 
numbers between Zero and p-1. Thus, a simple look-up table 
will be utilized by channel response module 113 that coordi 
nates the data set with its corresponding r, value, which is 
then output by channel response module 113. 
As stated above, the r" values attempt to equate with the 

noiseless output 214 of noiseless channel module 102a, 
which exists only in theory, by averaging the actual output 
value 103 of channel module 102. For each data set, the r 
value received by channel response module 113 from input 
103 is averaged with the previously received r value average 
that corresponds to that same data set. This averaging may 
utilize, for example, equation 14 above, although other aver 
aging methods may be utilized. 

Referring now to FIG. 7, a FIR filter arrangement 300 is 
illustrated. A binary bit stream input 301 (as or a(k)) is 
received by channel module 302, which outputs an analog 
to-digital converter (ADC) sample 303 output (r, or r(k)). 
ADC sample 303 is input into FIR filter module 304, which 
outputs a FIR sample 305, which will be referred to as signal 
Y or Y(k). FIR sample 305 is received by detector module 
306, which outputs a binary bit stream a' ora'(k) on line 307. 
As is the case with the LMS adaptation discussed above in 

reference to FIG.1, binary bit stream 307 is utilized by target 
response module 308 to form a reconstructed FIR sample 
309, which will be referred to as YorY'(k). Addition module 
310-1 outputs error signale, or e(k) 311, which is equal to 
Y'(k)-Y(k). Error signal 311 is utilized with multiplication 
module 312-1, as discussed more fully below. 

In contrast to the prior art LMS adaptation discussed 
above, reconstructed binary bit stream 307 is further utilized 
by a channel response module 313. Channel response module 
313 reconstructs ther signal 303 to obtain value r" or r(k) 
314, as discussed above. This reconstructed ADC sampler, 
will be used to further adapt FIR filter modules 304, 320. 
Second FIR filter module 320 may comprise a replica of FIR 
filter module 304, and is adapted with signal 316, similar to 
FIR filter module 304. Second FIR filter module 320 receives 
reconstructed ADC sampler,314 and outputs a second FIR 
sample 321, which will be referred to as signal Y" or Y"(k). 
Addition module 310-2 outputs second error signal e" or 
e"(k) 322, which is equal to Y'(k)-Y"(k). Second error signal 
322 is utilized with multiplication module 312-2 to output ZF 
adaptation signal 323, which may be utilized to adapt filter 
modules 304, 320 as discussed below. 
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In the exemplary embodiment of FIG. 7, Switching module 

315 controls the adaptation mode of FIR filter module 304. 
When set in the ZF mode, FIR filter module 304 receives as its 
input 316 ZF adaptation input 323, which comprises the 
product of error signal e"(k) 322 and reconstructed ADC 
sample r", 314. Thus, FIR filter modules 304, 320 will be 
adapted according to the following equation: 

where L is constant, r(k-i) is the reconstructed ADC sample 
314 at time (k-i) and all other variables are as described 
above. In MMSE mode, FIR filter modules 304,320 receives 
as its input 316 the product 324 of r signal 303 and error 
signal e(k) 311. Thus, FIR filter modules 304,320 are adapted 
according to the following equation: 

where r(k-i) equals the channel output r 103 at time (k-i) and 
all other variables are the same as above. The switching 
between the ZF and MMSE modes is accomplished by 
switching module 315. The switching module 315 may be set 
at the time of manufacture or, alternatively, may be adjustable 
by a user of the system in order to tune performance of filter 
arrangement 300. 

Referring now to FIG. 8, FIR filter arrangement 400 
according to various embodiments of the present disclosure is 
illustrated. FIR filter arrangement 400 is similar to FIR filter 
arrangement 300 illustrated in FIG. 7, and the same reference 
numerals are used to reference common elements present in 
both arrangements 300, 400. One difference between FIR 
filter arrangement 300 and FIR filter arrangement 400 is that 
the switching module 315 of arrangement 300 has been 
replaced with an averaging module 415 in arrangement 400. 
Averaging module 415 is configured to provide a mixed adap 
tation to FIR filter module 304. FIR filter module 304 will 
receive as its input the output 416 of averaging module 415. 
The output of averaging module 415 may be governed by 

the following equation: 

where A(k) is the adaptation signal 416 at time k, A(k) 
equals output 323 of multiplication module 312-2 at timek, 
A'(k) equals the output 324 of multiplication module 312-1 at 
timek, and is a constant between Zero and one. The constant 
w is chosen to properly set the mix between the MMSE and ZF 
adaptations. In this manner, FIR filter modules 304,320 will 
be adapted according to the following equation: 

(17) 

where all variables are as described above. If A equals zero, 
the output 416 of averaging module 415 is equivalent to A 
signal 323, which essentially equates to the ZF adaptation. If 
wequals one, the output 416 of averaging module 415 is equal 
to the A'(k) signal 324 and the adaptation of filter modules 
304,320 receives as its input 416 the A'(k) signal 324, which 
is essentially the MMSE adaptation mode. If w is any value 
between Zero and one, output 416 of averaging module 415 
comprises a combination of the A(k) signal 323 and A'(k) 
signal 324, thus providing a mix between the MMSE and ZF 
adaptations to filter modules 304,320. 

Those skilled in the art can now appreciate from the fore 
going description that the broad teachings of the disclosure 
can be implemented in a variety of forms. Therefore, while 
this disclosure includes particular examples, the true scope of 
the disclosure should not be so limited since other modifica 
tions will become apparent upon a study of the drawings, the 
specification, and the following claims. 
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What is claimed is: 
1. A system for adapting an equalizer, the system compris 

ing: 
a channel module that receives input data and outputs a 

channel output comprising a noiseless component and a 
noise component; 

a filter module that filters the channel output to obtain a 
filter sample: 

a detector module that processes the filter sample to esti 
mate the input data; 

a target response module that processes the estimated input 
data to obtain a target response output, wherein the target 
response output comprises a desired response of the 
filter module; and 

a channel response module that processes the estimated 
input data to obtain a noiseless channel output, wherein 
the noiseless channel output comprises an approxima 
tion of the noiseless component of the channel output, 

wherein the filter module is adapted based on the channel 
output, the filter sample, the target response output, and 
the noiseless channel output, 

wherein the filter module is adapted based on an error 
signal comprising a difference between the filter sample 
and the target response output, and 

wherein the filter module is adapted based on a product of 
i) the error signal and ii) a combination of the channel 
output and the noiseless channel output. 

2. The system of claim 1, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

3. The system of claim 1, wherein the filter module is 
adapted based on a product of the error signal and the channel 
output. 

4. The system of claim 3, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

5. The system of claim 1, wherein the combination com 
prises an average of the channel output and the noiseless 
channel output. 

6. The system of claim 5, wherein the average is deter 
mined by the equation: 

where r(k) comprises the average of the channel output and 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

7. The system of claim 1, wherein the filter module is 
adapted Such that the error signal is minimized. 

8. The system of claim 1, wherein the filter module is 
adapted based on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter module at timek, e(k) comprises the error signal 
at time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 

9. A system for adapting an equalizer, the system compris 
ing: 

a channel module that receives input data, and outputs a 
channel output comprising a noiseless component and a 
noise component; 

a filter module that filters the channel output to obtain a 
filter sample: 
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18 
a detector module that processes the filter sample to esti 

mate the input data; 
a target response module that processes the estimated input 

data to obtain a target response output, wherein the target 
response output comprises a desired response of the 
filter module; and 

a channel response module that processes the estimated 
input data to obtain a noiseless channel output, wherein 
the noiseless channel output comprises an approxima 
tion of the noiseless component of the channel output, 

wherein the filter module is adapted based on the channel 
output, the filter sample, the target response output, and 
the noiseless channel output, and 

wherein the noiseless channel output is based on the equa 
tion: 

km) rerevious (- - - - -n)+Y( - 
a kim)), 

r' (a . . . 
r previous(i-n 

where (a . . . a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r (a . . . . 
a) comprises the noiseless channel output corresponding 
to (a-, ... a-n) at timek, relia,(a-, ... a-n) comprises 
the noiseless channel output corresponding to (a . . . a.) 
immediately preceding timek, r comprises the channel out 
put at timek and Y comprises a constant. 

10. The system of claim 9, wherein the filter module is 
adapted based on an error signal comprising a difference 
between the filter sample and the target response output. 

11. The system of claim 10, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

12. The system of claim 10, wherein the filter module is 
adapted based on a product of the error signal and the channel 
output. 

13. The system of claim 12, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

14. The system of claim 10, wherein the filter module is 
adapted based on a product of error signal and a combination 
of the channel output and the noiseless channel output. 

15. The system of claim 14, wherein the combination com 
prises an average of the channel output and the noiseless 
channel output. 

16. The system of claim 15, wherein the average is deter 
mined by the equation: 

where r(k) comprises the average of the channel output 
noiseless channel output at timek, r(k) comprises the noise 
less channel output at time k, r(k) comprises the channel 
output at time k, and w comprises a constant having a value 
between 0 and 1, inclusive. 

17. The system of claim 10, wherein the filter module is 
adapted Such that the error signal is minimized. 

18. The system of claim 10, wherein the filter module is 
adapted based on the equation: 

where i comprises an integer, f(k) comprises an i' coeffi 
cient of the filter module at timek, e(k) comprises the 
error signal at time k, LL comprises a constant and r, 
(k-i) comprises an average of the channel output and the 
noiseless channel output at time k-i. 

19. A method for adapting an equalizer, the method com 
prising: 

processing input data to obtain a channel output compris 
ing a noiseless component and a noise component; 



US 8,077,765 B1 
19 

filtering the channel output with a filter module to obtain a 
filter sample: 

processing the filter sample to estimate the input data; 
processing the estimated input data to obtain a target 

response output that comprises a desired response of the 
filter module; 

processing the estimated input data to obtain a noiseless 
channel output that comprises an approximation of the 
noiseless component of the channel output; and 

adapting the filter module based on the channel output, the 
filter sample, the target response output, and the noise 
less channel output, 

wherein the filter module is adapted based on an error 
signal comprising a difference between the filter sample 
and the target response output, and 

wherein the filter module is adapted based on a product of 
i) the error signal and ii) a combination of the channel 
output and the noiseless channel output. 

20. The method of claim 19, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

21. The method of claim 19, wherein the filter module is 
adapted based on a product of the error signal and the channel 
output. 

22. The method of claim 21, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

23. The method of claim 19, wherein the combination 
comprises an average of the channel output and the noiseless 
channel output. 

24. The method of claim 23, wherein the average is deter 
mined by the equation: 

where r(k)comprises the average of the channel output 
and noiseless channel output at time k, r(k) comprises 
the noiseless channel output at timek, r(k) comprises the 
channel output at time k, and W comprises a constant 
having a value between 0 and 1, inclusive. 

25. The method of claim 19, wherein the filter module is 
adapted Such that the error signal is minimized. 

26. The method of claim 19, wherein the filter module is 
adapted based on the equation: 

where i comprises an integer, f(k) comprises an i' coeffi 
cient of the filter module at timek, e(k) comprises the 
error signal at time k, LL comprises a constant and r, 
(k-i) comprises an average of the channel output and the 
noiseless channel output at time k-i. 

27. A method for adapting an equalizer, the method com 
prising: 

processing input data to obtain a channel output compris 
ing a noiseless component and a noise component; 

filtering the channel output with a filter module to obtain a 
filter sample: 

processing the filter sample to estimate the input data; 
processing the estimated input data to obtain a target 

response output that comprises a desired response of the 
filter module; 
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20 
processing the estimated input data to obtain a noiseless 

channel output that comprises an approximation of the 
noiseless component of the channel output; and 

adapting the filter module based on the channel output, the 
filter sample, the target response output, and the noise 
less channel output, 

wherein the noiseless channel output is based on the equa 
tion: 

km) rerevious (- - - - -n)+Y( - 
a kim)), 

r' (a . . . 
r previous(i-n 

where (a ... a) comprises a data set comprised of the 
estimated input data at times k-n through k+m, r. 
(a . . . a) comprises the noiseless channel output 
corresponding to (a- - - - a;-) at time k, revious 
(a . . . a) comprises the noiseless channel output 
corresponding to (a . . . . a.) immediately preceding 
time k, r. comprises the channel output at time k and Y 
comprises a constant. 

28. The method of claim 27, wherein the filter module is 
adapted based on an error signal comprising a difference 
between the filter sample and the target response output. 

29. The method of claim 28, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

30. The method of claim 28, wherein the filter module is 
adapted is based on a product of the error signal and the 
channel output. 

31. The method of claim 30, wherein the filter module is 
adapted based on a product of the error signal and the noise 
less channel output. 

32. The method of claim 28, wherein the filter module is 
adapted based on a product of error signal and a combination 
of the channel output and the noiseless channel output. 

33. The method of claim 32, wherein the combination 
comprises an average of the channel output and the noiseless 
channel output. 

34. The method of claim 33, wherein the average is deter 
mined by the equation: 

where r(k) comprises the average of the channel output 
noiseless channel output at time k, r(k) comprises the 
noiseless channel output at time k, r(k) comprises the 
channel output at time k, and W comprises a constant 
having a value between 0 and 1, inclusive. 

35. The method of claim 28, wherein the filter module is 
adapted Such that the error signal is minimized. 

36. The method of claim 28, wherein the filter module is 
adapted based on the equation: 

where icomprises an integer, f(k) comprises ani" coefficient 
of the filter module at timek, e(k) comprises the error signal 
at time k, LL comprises a constant and r(k-i) comprises an 
average of the channel output and the noiseless channel out 
put at time k-i. 


